Mesh Network (WMN) is a communications network consists of radio nodes organized in a mesh topology. WMNs are gaining wide popularity due to their ability to integrate several networks in one network. It increases reliability and improved performance over conventional wireless LANs. Wi-Fi could be integrated in WMN. Several standards of IEEE 802.11 were created to support and deal with specific tasks of Wi-Fi. IEEE 802.11s has been created to support QoS in WMNs where it has been approved as a standard lately. However, it is still has some limitations in supporting QoS. In this paper we introduce our work which is built depends on previous works where all of them deal with TDMA/TDD and aims to enhance the QoS. We propose a scheduling mechanism which works in MAC layer in wireless mesh networking based on IEEE 802.11s. It gives the delayed video users the priority to serve them first while maintaining the QoS of audio and data users. This paper provides our results compared with previous works. We introduce them with a huge discussion, according to the QoS requirements.
I. INTRODUCTION
WMN is the coming revolution in communication world [1] where it will integrate all different communication networks in one network. Wi-Fi is one of these networks. There are several standards and drafts, working with Wi-Fi i.e. IEEE 802.11a, 802.11 b/g, 802.11n, 802.11e, and 802.11i. Each of these standards is designed to support different criteria and have its own proprieties. 802.11a was ratified in 1999. It operates in the 5GHz band with 35 meter indoor or 120 meter outdoor and 52 sub-carrier Orthogonal Frequency Division Multiplexing (OFDM). The maximum transmission data rate is 54 Mbps [2] . IEEE 802.11b/g operates in 2.4 GHz band with coverage of 38 meter indoor or 140 meters outdoor. Its physical layer modulation is based on Complementary Code Keying (CCK) and the maximum raw data rate is 11 Mbps [3] . It offers for 3 non interfering channels. IEEE 802.11n is an amendment to 802.11 which provides an increasing in throughput of WLANs up to 600 Mbps. It uses spatial multiplexing technique by using Multiple-Input Multiple-Output (MIMO) antennas to improve the system performance [4] . IEEE 802.11e is a QoS amendment to 802.11. It defines a set of QoS enhancements for wireless LAN applications through modifications to the Media Access Control (MAC) layer. IEEE 802.11i is an amendment security to the original 802.11. Finally IEEE 802.11s comes to include the whole previous protocols amendments to its specification. It is built on the amendments of 802.11a/b/g/n for the physical interface, 802.11e for accessing the medium and 802.11i for security [5] . It integrates mesh networking services and protocols with 802.11 at the MAC Layer [6] . It is expected that it will expand the usage of mesh networks in the same manner that the 802.11a, b, and g standards expanded the growth of wireless LANs. The WMN based on IEEE 802.11s terminology contains the following parts: (i) Mesh Point (MP) which is the basic entity in the network. It has the same features of legacy 802.11 stations and it is called to set-up and maintain multi-hop paths to relay traffic. (ii) Mesh Access Point (MAP) which gives stations access to network services. (iii) Mesh Points plus Portal (MPP) which works as a gateway to other networks e.g. internet. (v) Stations (STAs) that are allowed to work with legacy 802.11 cards. They should have no knowledge of the Mesh [5] . Figure 1 shows the structure of 802.11s mesh network. Fig. 1 . Structure of IEEE 802.11s mesh networks [5] IEEE 802.11s working group is formed to address the mesh networking as the next big thing in Wi-Fi technology where the network will be more resilient and fault tolerant than a central-ized infrastructure network. It will provide sufficient number of nodes. The network will be able to sustain temporary congestion, individual node failure and localized interference. It has the built-in ability to find neighbor nodes, set up connections and finds optimal traffic paths [7] . IEEE 802.11s is assigned to address several addendums in its standardization i.e.; topology learning, routing and forwarding, security, measurement, discovery and association, medium-access coordination, compatibility to 802.11 services. IEEE 802.11s standard is built to support, enhance and put an efficient standard for WMNs. It comes to overcome the limitations of the previous WLAN standards and integrate all in one standard. However 802.11s still have some known limitations where some of them are addressed by the Task Group. These limitations can be summarized as 1) Mesh routing is a layer-2 based, which is not scaling very well. 2) Hybrid mesh routing is new and innovative, which has not gone through rigorous testing yet. 3) Mesh forwarding does not have multicast optimizations 4) Mesh networks may not work efficiently when multiple portals are connected to a larger 802 LAN. 5) Mesh interworking with other 802 networks is not proven and may get hard challenges to achieve. 6) Mesh security mechanisms may not support fast roaming, handoffs, or route convergence as the backhaul links change frequently and/or rapidly. 7) Mesh QoS mechanisms are not End-to-End between two points in a network. Many drafts have been established before and finally a standard has been approved; however, they still face some problems leading to bad QoS. In other hand, several individual researches have been done to enhance the standard and some other researches have been carried with different standards where all were aiming to enhance the QoS. In [7] Ming-Xin Hu et.al proposed an analytical model for IEEE 802.11 networks, which considers different loads in hybrid routing. They calculate the packet arrival rates in reasonable assumptions and derive the throughput and End-to-End delay. Numerical results show that factor, such as number of hops affect network performance. An algorithm for uplink traffic scheduling from the mobile station to access point has been proposed by Yi-Wen Lan and his colleagues [8] the algorithm aims to weight fair queuing. It complies with IEEE Point Coordination Function (PCF). In their algorithm wireless stations are classified into three different uplink traffic cases: (i) Backlogged State (ii) Unbacklogged State (iii) Bad channel State. The algorithm was evaluated by using NS-2. In their scenario all destinations connect to AP via a wired link. IEEE 802.11b DSSS was the wireless medium with a bandwidth of 2 Mbps. The algorithm was compared with round robin. It has improved the channel utilization and the average packet delay has been reduced. The proposed algorithm could be implemented to the IEEE 802.11 standards with minor modifications . Garroppo et.al. [5] built a prototype 802.11s Mesh Access Point. They developed a modular software framework which can easily embed new features. The prototype was used experimentally to evaluate the basic 802.11s characteristics, pointing out some shortcomings, and suggesting some possible improvements.. Wang and his colleagues in [4] introduce a detailed study on the existing framework of 802.11s standard. They point out the research challenge surrounding current 802.11 standard. Hiertz et.al. [9] explain the fundamental operation of the 802.11s MAC. They explain its extensions and provide detailed simulation results on their performance. A resource allocation algorithm for LMDS for video traffic was proposed by M.R.M. Rizk [10] .
Their algorithm tries to minimize the delay of the transmitted video packets. It controls the allocated resources for the traffic around the corresponding average bit rate. It also controls the (QoS) for video traffic in terms of packet loss and average delay. The algorithm defined three levels of delays in the base station the upper delay, the lower delay and in-between. The base station broadcasts a signal to the space to detect the number of video user and according to that it calculates the three different types of delays. It calculates the delay for each user. It increases the allocated slot by one for higher delay users. It keeps the number of allocated slots without changes for in-between delay users. And it decreases the allocated slots by one for lower delay users. The algorithm achieves high utilization and provides fair delay for all video users. In this paper we introduce our work which aims to enhance the QoS of IEEE 802.11s. Our proposed algorithm aim to meet the QoS for video users in terms of packet loss probability, average delay and throughput by choosing the suitable weighting factor for each number of video users. It controls the allocated slots for video traffic around the average bit rate. We introduce our work comparing with other works. Our work shows an enhancement for QoS better than others.
II. SYSTEM DESCRIPTION AND TRAFFIC MODELS
In this section we describe the design of our algorithm which depends on the equations of previous work [10] . It serves the video delayed users. The base station reads the number of video users Nv and checks if it is already stored or not. If it is stored it will take the corresponding value of the weighting factor (μ) which plays the main role to get the best results. If not stored the base station will set a random value of μ. The random value will be set in the range of 1-1.04. Three delayed thresholds; Upper Delay, In-Between and Lower Delay threshold are defined in the base station.
The Upper Delay Threshold (DT h U ) is the summation of the Lower Delay Threshold (DT h L) and the Difference Threshold (DT h DIF F ) which is set to 4 ms.
Rslot is the bit rate per slot in the uplink channel bit rate within 24 slots per frame. Tf is the frame duration and it is set to 2 ms. Ex is the excess number of slots allocated for video traffic than the value of the multiplication of μ and M; Nv is the number of video users and Rv is the average bit rate per video user.
μ is the weighting factor in our algorithm and M is the number of slots equivalent to the total mean bit rate of all video users. NoS is the number of allocated slots for each user.
The difference between the Upper Delay and Lower Delay threshold is set as 4 ms [10] . The base station checks the delay of each node within a frame where the frame duration (Tf) which is 2 ms. The delay will be categorized under one of the three status delays. If the delay is equal to the Upper Delay Threshold; a sorting technique will start to arrange the nodes in the frame. The nodes which have the highest delay will be served first. If the delay of the node is in-between; a node will stay in its position without any shifting. If the node delay is equal to the lower delay threshold, the node will not be served by its delay becomes more than the lower delay threshold, then it will be served or if it waits more than three frames then it will be served. Packet loss, packet delay and throughput will be measured. There will be two cases: 1. If they meet the communication QoS requirement, the value of Nv and the corresponding of μ will be stored in a buffer. So in the next frame if Nv is equal to the Nv, which is already stored, the corresponding value of μ will be set to get the best QoS. 2. If it does not meet the QoS requirement, another random value of mu will be chosen to be set in the next frame. Figure  2 shows the algorithm. 
III. RESULTS AND SIMULATION ENVIRONMENT
Our model is a built-in network consisting of two types of networks, a wireless and a wired. The wireless is based on IEEE 802.11s which has the following nodes: Mesh Access Point (MAP), Mesh Point Portal (MPP), Mesh Points (MPs), and Stations (STAs). The STAs nodes consisting of two types: fixed and mobile. Finally the two networks of our model are connected through MPP. Video traffic were generated and sent to STAs .
Fig. 3. Network Model
We built the standard of IEEE 802.11s by using Qulnet, and according to these results we found they are not meeting the QoS. We built our algorithm by using C++. The results of the standard were taken as input to our algorithm. The algorithm calculates the higher and lower delay threshold. According to these values, the algorithm deal with them to enhance the QoS. The Results were taken under different number of video users. Fig. 4 . Shows that a very small increase in the value of μ produces a significant reduction in the packet loss probability. This reduction is proportional to the increasing in μ and at the same time with the increasing in Nv. This increasing is stable with the most value of μ and it happens gradually together with increasing in Nv. In this section we introduce the second part of our results where we make a comparison between our results and some previous work where all tries to enhance the QoS of TDMA/TDD frame. Fig. 7 . Loss Probability Comparision between OQR and others Fig.7 . Shows the packet loss probability comparison between our protocol and two previous works. It is clearly seen that our protocol has achieved better results compared with the previous work. It is constant and has the minimum value. Fair Delay O-B Resource Protocol has achieved better results comparing with DR-TDMA protocol when Nv is between 20 and 25 users. However, it starts to go up when Nv is greater than 25 and it reaches to be 1 when Nv is 29. The average delay between our protocol and other previous work was also considered as the second comparison. In Fig.8 . It is clearly seems that our protocol achieves better results compared with the others. It is starting to be below than 2 msec and was going down when Nv is between 20 and 22 users. Then it starts to go up gradually and it was 3 msec when Nv reaches to its maximum number. In Fig.9 . We introduced the third comparison between our protocol and others. As we can see the throughput with all protocols starts at they same point and it was increased while Nv is increased at the same range until Nv = 24 where throughput was 0.89 for all protocols. In our protocol throughput was increased more than other protocols when Nv was bigger than 24. Our protocol reaches to the same level and achieve the same throughput with Fair Delay O-B Resource Protocol when Nv was 28 users and above. Then it continued without increasing. DR-TDMA got less throughput comparing with others. It also was stable and constant when Nv was 28 and above.
IV. CONCLUSION
In this paper we have introduced our algorithm which supports the QoS in WMNs based on IEEE 802.11s. It aims to avoid the delay of video packets users. Nv and μ are the two main parameters which play the main role to achieve the QoS. The algorithm stored Nv in the first time and choose μ randomly. It calculates packet loss, delay and throughput, then it compare them with the QoS requirement. If it achieves the QoS . Nv and μ are stored in a buffer so in the next situation if the base stations read Nv which is already stored in the buffer, it will put the corresponding value of μ and it guaranties achieving the QoS. We compare our results with other two previous works. We found that our protocol supports more users with a very small loss probability. The loss probability is constant when number of video users is increased. It achieves lower delay average than others work. And it achieves a slightly higher throughput than others.
